ABSTRACT In this paper, we examine the impact of four voice over long term evolution adaptive multirate wideband codec mode-sets on coverage at pedestrian and vehicular speeds. Industry-standardized mean opinion scores were used as a metric for voice quality. Controlled laboratory experiments simulating pedestrian speeds indicated that there was an improvement in voice quality when mode-set eight was employed. At vehicular speeds, mode-set eight outperformed the other mode-sets for path losses less than 130 dB; however, all four mode-sets experienced a significant decline in voice quality when the path loss was greater than 130 dB. Based on the current implementations, there are no significant benefits to lowering the mode-sets or deploying dynamic codec rate adaptation.
I. INTRODUCTION
Most wireless communication operators have deployed Long Term Evolution (LTE) as an overlay to their existing 2 nd and 3 rd generation [e.g., Code Division Multiple Access (CDMA) or 1x Evolution-Data Optimized (EVDO)] networks. This required the cell sites that were serving the 2G/3G network to be modified to host the eNBs and serve the LTE network. This presents a challenge for operators because CDMA to LTE are fundamentally different RF technologies and they have different link budgets. A link budget provides the maximum allowable path loss. In case of voice, the reverse link is the limiting link for both CDMA and LTE. The maximum allowable path loss for the physical uplink shared channel in Voice over LTE (VoLTE) is dependent on various factors; however, the modulation and coding scheme and number of physical resource blocks (PRBs) are vital in defining the cell radius. As CDMA operators have realized that LTE has a smaller link budget than CDMA, they have started looking at different techniques to help them compensate for this gap. This paper explores one such technique: the possibility of reducing the link budget gap using a lower bit rate mode-set of the Adaptive Multi-Rate wideband (AMR-WB) codec.
A. CODEC BACKGROUND
The main purpose of speech coding is to minimize the bit rate that is carried within a given bandwidth. Fundamentally, the speech is captured by taking many samples and then compressing them while preserving the quality. The quality of speech is measured by the mean opinion score (MOS) as described in ITU-T specifications [1] . MOS has a scale of 1-5 with one being poor quality and five being excellent quality. Some of the early versions of the codecs used in GSM were full rate (maximum MOS score of 3.6 [2] ), enhanced full rate (maximum MOS score of 4.1 [2] ) and half rate (maximum MOS score of 3.5 [2] ). Today, AMR is the most popular codec used in GSM and VoLTE. The AMR codec can operate at multiple bit rates with maximum MOS scores varying from 3.5 to 4.1, depending on the selected bit rate. The objective of this paper is to analyze the AMR-WB codec and assess, whether one can gain a quantifiable advantage in coverage by using a lower bit rate either statically or dynamically through codec rate adaptation.
A VoLTE device [referred to as a User Equipment (UE)] must support both the AMR and AMR-WB speech codecs, as described in 3GPP and GSMA specifications [3] - [9] . The UE must be capable of operating with any of the modes associated with the AMR and AMR-WB codecs. AMR-WB has nine source rates, ranging from 6.60 to 23.85 kbps.
Another codec that has been recently standardized, in 3GPP release 12, is enhanced voice services (EVS), which is also referred to as the super wideband (SWB) codec. Table 1 shows the main characteristics of Narrowband (NB), Wideband and Super Wideband codec [10] , [11] . All of the codecs support different sampling rates and bit rates, as shown in Table 2 . EVS at 13.2 kbps provides high quality speech and improved music quality [12] . EVS uses various coding modes which are assigned to a speech frame in the coded domain depending on the characteristics of the input speech signal. EVS offers improved performance in the channel aware mode under packet loss conditions in a Voice over IP or VoLTE system. EVS-SWB-13.2 kbps with advanced error resilience at 10% packet loss is equivalent in quality to AMR-WB-23.85 kbps at 3% packet loss [12] . In this paper, we have focused on AMR-WB in different modes due to lack of device support for the EVS, when this study was conducted. The key benefits of using the AMR-WB codec are: increased naturalness of the voice; enhanced voice clarity, which allows for better speaker recognition; and better quality for calls in a noisy environment. These enhancements are made possible by the improved reproduction of the complete speech spectrum, as shown in Figure 1 [13] . The additional high frequencies (3400 Hz to 7000Hz) leads to improved fricative differentiation and therefore higher intelligibility, whereas in the conventional transmission narrowband speech, important energy present above 3400 Hz is filtered out, which explains why, for example, ''s'' and ''f'' cannot be distinguished in the traditional phone calls [13] . Wideband voice transmission also has all unvoiced sounds associated with emotions by the user (such as whispering) and is more transparent to ambient noise [13] . The extra low frequencies make the voice sound more natural and increase the effect of presence and closeness [13] .
B. RELATED RESEARCH
There has been research conducted in the past focused on different codec mode-sets for earlier generations of the technology. This paper is focused on comparing the impact of different AMR-WB codec mode sets on LTE coverage. 3GPP TR 26.976 [14] presents experimental test results from speech quality related testing for AMR-WB codec using GSM and UMTS (Universal Mobile Telecommunication System) technologies. These tests were conducted under lab conditions. The key differences between this study and the current work are that the current work is focused on LTE technology and is done both in lab and in the field. The field results are really important in terms of showing the impact of different modesets on LTE coverage.
3GPP TR 26.901 [15] also presents lab testing results that were conducted as part of standardization process for AMR-WB codec. These tests were limited to GSM and were not conducted in the field. The current paper presents both lab and field results for LTE system.
Wei and Gibson in their work [16] propose an enhancement to Time Division Multiple Access (TDMA) incorporating adaptive AMR NB and WB codec mode-sets to provide improvement in speech quality as well as range extension. Their testing was based on simulations which showed an improvement of 1.5dB in coverage footprint. The current paper focusses on proving if there are any coverage benefits with using lower AMR-WB bitrates in the lab and field environment over LTE technology.
LTE coverage enhancements as discussed in [17] identify various solutions such as TTI bundling enhancements, increasing receive antennas at eNB. However [17] does not discuss the impact of lowering the AMR-WB codec rate to enhance LTE coverage for VoLTE calls.
C. LINK BUDGET GAP ANALYSIS
The link budget gap between LTE and CDMA is the result of the following factors:
1. Lack of soft handoffs (SHOs) in LTE [18] - [20] . 2. Different modulation techniques. 3. Signal to interference and noise ratio (SINR) differences. CDMA channels are wideband channels and adjacent cells can reuse the same frequency as long as their scrambling codes are different. This is done to increase the overall CDMA system capacity. This necessitates that CDMA systems use power control and SHO for optimal system performance. As a result, soft and softer handoffs are not only necessary but they also constitute the majority of handoffs that occur in a CDMA network. In the case of a SHO, the mobile station is in the overlapping cell coverage area of two or more sectors belonging to different base stations. The mobile station communicates with all the sectors in its active set. Hence, in the uplink, the scrambled signals from different base stations for a particular mobile station are compared on a frame-by-frame basis at the radio network controller and the cumulative signal is used. This results in several advantages for voice packets in CDMA: macroscopic diversity gain through instantaneous selection; no hysteresis or delay to select the best server; elimination of the ''ping-pong'' effect; and reduction of up-link interference.
However, there are several important reasons why SHOs have not been included in LTE:
• The LTE system is based on orthogonal frequency division multiplexing and the UE resynchronizes to a subcarrier at a different frequency every time it changes a cell; LTE HOs are ''break-before-make'' or hard handovers.
• The LTE architecture is flat and does not include an entity like a radio network controller that facilitates the soft handovers, as in CDMA.
• SHOs are used in CDMA because each channel interferes with the other and, hence, power control is important at the cell edges. Because of the orthogonality between the down-link and up-link in LTE, there is no similar requirement for power control.
• Implementing SHO in LTE is complex. The lack of SHOs, in particular for cell edge reception, poses a challenge for VoLTE calls. At cell edge conditions, there is a high level of interference and poor SINR. In practical applications, this situation is fairly common and manifests itself as pilot pollution where there is no dominant server at the cell edge. Although the composite signal level is high at the cell edge, the interference is also high and SINR from a single cell is very poor. Because of the lack of SHOs in LTE, the signals from all other cells are considered as interference. Hence, the SINR is worst when only hard handovers can be executed. Here, SINR is defined as SINR = S / (N + I ), where S is the signal from serving pilot (S is weak at cell edge), N is thermal noise, and I is the interference (all signals other than that from the server are considered as interference).
Comparing the CDMA and VoLTE link budgets, a gain of approximately 3-4 dB is assumed for CDMA because of the SHOs.
Another factor that may contribute to differences in coverage between LTE and CDMA is the quality of service (QoS) requirements for VoLTE calls. LTE requires QoS implementation to provide VoLTE services. The signaling radio bearers and data radio bearers have strict packet loss rate and packet delay budget requirements as outlined by [21] .
At cell edge conditions, with only hard handovers available for VoLTE, there could either be loss of packets (signaling and/or data) due to poor SINR or extended time to trigger handover events, which violates the packet loss rate and packet delay budget specified for the QoS class identifier . This could lead to service issues at the cell edge and could shrink the cell size when QoS requirements cannot be met for sustaining a voice call.
D. AMR-WB CODEC AND COVERAGE ANALYSIS
Initially, operators only moved data services to LTE. These data services are non-real-time in nature. Therefore, the impact of this coverage gap has not been noticeable as most of the time the device falls back to EVDO and the user still has data coverage. As operators look to move their real-time voice services to LTE, the impact of this coverage gap is high. Users are more tolerant of dropped internet data connection than they are of dropped voice calls. Some of this impact can be reduced by deploying voice call continuity solutions; while these solutions have been widely deployed by GSM operators, this is not the case for CDMA operators. CDMA operators are investigating different techniques to solve the challenge of the coverage gap, such as operating at lower bit rates using the AMR-WB codec.
The AMR-WB codec allows a mobile operator to offer wideband speech quality to its subscribers. The main advantage of wideband speech is that it provides support for a larger frequency band. While the traditional voice services offer narrow band speech that is optimized for a frequency range of 300 to 3400 Hz, wideband speech is optimized for a frequency range of 50 to 7000 Hz. Offering wideband speech would allow a mobile operator to provide a voice experience to its users that is superior to fixed line operators.
The AMR-WB codec is offered in nine different modes, as shown in Table 2 . The highest bit rate offered is in modeset eight (23.85 kbps) and the lowest bit rate is offered in mode-set zero (6.60 kbps). Mode-set eight provides a better speech quality than the lower mode-set codecs. According to [22] . This implies that, for a single speech frame, mode-set eight would need 477 bits to be transmitted, whereas mode-set zero would need 132 bits to be transmitted. Depending on the channel conditions reported by the device, different transport block size and corresponding PRBs would be assigned by the eNB for this transmission [23] . For the same channel conditions, a device using mode-set eight and a device using modeset zero would receive the same transport block size index. That would imply that, for cell edge conditions, a device supporting mode-set eight would likely require more PRBs than a device supporting mode-set zero.
As can be seen from the discussion above, using lower codec bit rate should result in the use of fewer PRBs which will aide a UE that is power limited in the uplink direction under cell edge conditions. 3GPP specifications [23] allow for the use of Transport Block Size 6 with 1 PRB for carrying VoLTE payload under cell edge conditions. This allows the network to extend the coverage for a VoLTE call. The approach of lowering the codec rate is different from the TTI bundling enhancements discussed in [17] . TTI bundling focuses on using more time slots to carry redundant versions of the same information whereas this approach focuses on using fewer PRBs to carry the same information.
II. METHODOLOGY
To study the behavior of different AMR-WB codec modesets, tests were performed under a controlled lab environment and then repeated in a live network. The WB-set 4 configuration was chosen for the AMR-WB tests. The WB-set 4 comprises the following bit rates: 23.85, 12.65, 8.85 and 6.60 [13] . This configuration was chosen because it allows testing the highest and the most common modes that are being used in VoLTE deployments. The data for both the lab and the field testing were collected by the device using Accuver Tools XCAL-MPM4 and XCAL-MO box [24] . These data were post-processed using the XCAP-M software from Accuver. MOS obtained using the Perceptual Objective Listening Quality Assessment (POLQA) [25] algorithm was used to measure the voice quality. The real-time transport protocol (RTP) packet loss rate was also used as an indicator of voice quality. Forward link path loss reported by the device was used as a measure of RF conditions. VoLTE uses RTP as the media data transfer protocol. Within the RTP protocol, each packet must be numbered and time stamped. This has to be done by the source device, i.e., the device that is sending the packets. The presence of sequence numbers and time stamps allows the receiving device to inspect the packet headers and determine if the packets are arriving in the correct sequence, with constant or varying delay or if any are missing. If any sequence number is missing it is regarded as an RTP packet loss. The UE calculates the path loss as a difference between the measurements of reference signal received power and the transmitted power of the downlink reference signal, which is broadcast by the eNB using System Information Block 2
A. GENERAL SETTINGS
The device selected for this study was able to work in a single codec mode-set. The device provided a configuration setting that allowed us to set the codec to AMR-WB and the modeset to zero, one, two or eight. This configuration setting was applied to both the mobile origination (MO) and the Mobile Termination (MT) device. Because both the MO and MT devices offered only one codec and mode-set, the RF resource reservation on the LTE network was consistent on both ends. This configuration setting enabled consistent measurements across all the tests. Other coverage enhancements, such as TTI bundling features, were turned off. This was done so that the impact of lowering codec rate on coverage could be studied independent of other coverage enhancements.
B. LAB TESTING
All the lab testing was performed in a RF screen room that had the ability to attenuate the RF signal, which was used to emulate the cell edge conditions, at different rates. The RF screen room contained the RF signal from one cell of an eNB. The RF signal was swept at the rate of 0.01 dB/s. In terms of mobility, this is roughly equivalent to pedestrian speeds. The XCAL-MPM4 box was used to capture the data from the device. This tool was able to capture data from four mobile devices simultaneously. In the first round of testing, two of the devices were set to mode-set eight and the other two were set to mode-set two. In the second round, one pair of devices was set to mode-set one and the other pair was set to mode-set zero. Within a pair, one device acted as an MO and the other as an MT. The XCAL-MPM4 box generated a call between two devices and then played a recorded file to capture the MOS score. For both rounds of testing, a call was generated by the XCAL-MPM4 box and periodic MOS measurements were made. Each of the rounds started with the call setup in excellent RF conditions. The RF signal was then attenuated in a sweep until the call dropped. After post-processing the data, the forward link path loss was calculated from different MOS measurements and call drop events. 
C. FIELD TESTING
The field testing was conducted in a rural area in Wisconsin. Figure 2 shows the drive route. Cliff drives were performed as part the tests. A cliff drive involves setting up a call between two mobiles in excellent RF conditions and then driving away from the eNB until the call drops. In a live network, the drive route has to be chosen with care because terrain changes impact the call drop rates; a flat terrain was selected for the field testing performed here. From a mobility perspective, because the drive route involved driving on an interstate highway, the vehicle speed was approximately 90 km/h.
Another important feature of the cliff drive was the ability of the device to lock onto a single cell and not handoff to another cell for the duration of the call. We will refer to this feature as the physical cell identity lock. Using this feature, the devices were locked to a single cell for the duration of the route; the call was not handed off to another cell. The call would drop when the device was out of coverage.
The XCAL-MPM4 and the XCAL-MO tools were used for the field testing. The XCAL-MO was setup in a vehicle with four MO phones connected to it. The XCAL-MPM4 box was located in a fixed position that had good RF conditions and had four MT phones connected to it. The experiment was setup such that calls were made from the phones in the moving vehicle to the stationary MT phones to prevent any variability brought about by the mobility MT phones. Data were collected from the MO phones under varying RF conditions. For MOS score measurements, the XCAL-MO and XCAL-MPM4 were synched using a tone sent from the MT to the MO. The synchronization method was verified by taking the MOS scores and comparing them to the baseline established in the lab. All of the devices were set to a particular mode-set (e.g., mode-set eight) before the drive test started. For each mode-set, five drives were completed. After five drives, the mode-set on all devices was changed to the next mode-set and the same procedure was repeated. In total, 20 sets of data with sample size greater than three hundred were recorded for each mode-set. The data collected during the field testing was similar to that collected in the lab experiment. 
III. RESULTS
The data collected during the lab testing included different RF Key Performance Indicators for example, reference signal received power, and reference signal received quality, SINR and path loss. The tool also collected the MOS score at different times. MOS is an industry standard measure of voice quality; path loss is an indicator of coverage and is used to determine the losses and gains that the signal experiences from the cell tower to the UE. When performing a comparative study between voice quality and coverage, it is important to analyze how the MOS scores for different mode-sets vary with the path loss. This analysis was performed on the lab data first. Different bins were created for path loss and the average MOS score for each path loss bins was calculated. Figure 3 shows the variation in MOS scores for different path loss conditions at pedestrian speeds. As shown in Figure 3 , all mode-sets performed equally well under the different path loss conditions. The AMR-WB codec (mode 8) at 23.85 kbps had the highest call quality for all path losses. Thus, at cell edge conditions, there was no quantifiable benefit of lower bit rate modes for pedestrian speeds. Table 3 describes the count and standard deviation for the MOS readings for different path loss categories during lab testing. Due to the limitation of the attenuation tool and the device sensitivity, it was not always possible to get significant counts for excellent RF conditions. Also, the focus of our testing was cell-edge conditions where the Pathloss is typically higher than 130 dB. Figure 4 shows the variation in MOS scores for different path loss conditions at vehicular speeds. All of the data from different devices and drives for a particular mode-set were merged and analyzed as a single data set. Table 4 describes the count and standard deviation for the MOS readings for different Pathloss categories during drive testing.
Mode-set performance at vehicular speeds was very similar to the lab performance for path losses less than 130 dB. When path loss was greater than 130 dB or at the cell edge, the mode-set performances began to differ from the lab performances. At vehicular speeds, we observed a much greater decline in voice quality and the average MOS score dropped to less than 2 as compared to 3.4 at pedestrian speeds when Pathloss was over 130 dB. In at least 4 out of the 5 drives for each mode, the calls dropped when the MOS score was less than 2.0. Because the calls dropped very rapidly when the path loss was more than 130 dB and the vehicle was moving at 87km/h there were fewer MOS score data points when path loss was greater than 130 dB. This is also represented in Table 3 and 4 where we see a higher standard deviation for Pathloss greater than 130. This can be explained as in these cases the MOS score dropped rapidly from 4 to 2 or lower. Therefore, we see mixed results for the different mode-sets. A scatter plot was used to analyze the data recorded when path loss was greater than 130 dB, as shown in Figure 6 . Figure 5 shows that the voice quality across different modesets degraded consistently. In all cases, the calls were dropped and it was challenging to quantify any benefit based on the use of a particular mode-set. Figure 6 shows the trend in RTP packet loss as a function of path loss for all 20 drives for each codec mode-set. The RTP packet loss was approximately zero when the path loss was less than 130 dB. The path loss that corresponded to an increase in packet loss was similar in all of the mode-sets. This suggests that there was no quantifiable advantage of deploying lower mode-sets.
IV. OBSERVATIONS
A significant difference in MOS scores was observed for different mode-sets. Mode-set eight exhibited the highest call quality. The voice quality declined from modes eight to zero. The call quality remained stable until the device reached the edge of cell and each of the mode-sets experienced RTP packet losses and a decline in audio quality due to coverage limitations. However, none of the codec mode-sets showed significant coverage benefits compared with the others tested. We believe that one possible explanation of these results could be that the eNB scheduler was not optimized to handle all mode-sets efficiently. Thus, it may have been using predetermined PRBs based on the initial bit rate reserved as part of guaranteed bit rate reservation, rather than allocating the PRBs based on how many bits to send.
There was a significant difference observed between the lab and field results for DL Pathloss greater than 130dB. This can be explained by the fact that in the lab we did not have a tool to simulate fading. An attenuator was used to attenuate the signal at a rate of 0.01 dB/sec. This difference in test methodology explains why extremely low MOS variations relative to DL path loss were observed in the lab as compared to the field. Another difference between the field and lab testing method was that a Physical Cell Identity (PCI) lock feature was used on the device in the field. Despite the device being locked to a particular PCI, it could still receive signal from the neighboring cells. This could have affected our field results since the interference from neighboring cells could have caused the calls to drop prematurely.
V. CONCLUSION
The premise of this paper was that by using a lower bit rate AMR-WB codec mode-set, one would see a benefit in extending the LTE coverage. In addition, as per [16] , simulation studies show there is a coverage benefit on using lower bitrates over TDMA. However, the test results for LTE from the lab and field do not support the paper's premise or the prior simulation work for TDMA.
The authors have identified a couple of reasons related to the current eNB scheduler implementation as a possible reason for these results. At the time of this study, the eNB implementations did not use 1 PRB as defined for Transport Block Size index of 6 that would allow for carrying RTP traffic under cell edge conditions. The implementations used 2 or 3 PRBs under cell edge conditions and did not provide the desired coverage benefits. The authors also observed significant differences in the performance at cell edge conditions between the lab and field testing. The authors attribute this to the differences in the way the lab was setup to simulate drive testing conditions.
Another possible reason for not seeing coverage benefits with reduced bit rates could be that the difference in the bit rates is not significant enough to achieve a measurable coverage benefit.
Based on our testing and the current network implementations, we did not observe any significant coverage benefits of lowering the codec mode-sets and believe that there would be no benefit in deploying dynamic codec rate adaptation to increase coverage. 
